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Description

FIELD OF THE INVENTION

�[0001] The present invention relates to a speech input
terminal, speech recognition apparatus, speech commu-
nication system, and speech communication method,
which are used to transmit speech data through a com-
munication network and execute speech recognition.

BACKGROUND OF THE INVENTION

�[0002] A speech communication system is proposed,
in which speech data is sent from a speech input terminal
such as a portable telephone to a host server through a
communication network, and processing for retrieval of
specific information and the like are executed. In such a
speech communication system, since data can be trans-
mitted/ �received by speech, operation can be facilitated.
�[0003] However, speech data fluctuate depending on
the characteristics of a speech input terminal such as a
portable telephone itself, the surrounding environment,
and the like, and hence satisfactory speech recognition
may not be performed.
�[0004] In addition, since communication is performed
under the same communication conditions under any cir-
cumstances, high communication efficiency cannot al-
ways be ensured.
�[0005] GB- �A-�2323694 discloses a speech to text con-
version system that has a plurality of user terminals which
are connected to a remote server over communication
links. The terminals are operable to transmit data identi-
fying the user or terminal which a speech recognition
apparatus in the server uses to control a speech recog-
nition processing performed.
�[0006] US-�A-�5553119 describes a speech communi-
cation system having a speech input terminal and a
speech recognition apparatus which can communicate
with each other through a communication network. The
speech recognition apparatus is operable to make an
automated oral query or prompt to solicit a user to re-
spond, which response can then be analysed to select
an appropriate recognition model for speech recognition
purposes.
�[0007] WO 99/21172 discusses a distributed pattern
recognition system (for example a speech recognition
system) which has at least one user station and a server
station connected via a network. The server station com-
prises different recognition models. As part of a recogni-
tion enrolment, the user station transfers model improve-
ment data associated with a user of the user station to
the server station. The server station selects a recogni-
tion model from the different recognition models in de-
pendence on the model improvement data.
�[0008] According to one aspect the present invention
provides a speech input terminal for transmitting speech
data to a speech recognition apparatus through: a wire
or wireless communication network, comprising:�

speech receiving means for receiving speech data
from speech input means;

creating means for creating a model based on infor-
mation that represents an operation environment,
the model being for environment adaptation for
speech recognition in said speech recognition appa-
ratus;

means for quantizing the speech data using a quan-
tization table received from said speech recognition
apparatus; and

communication means for transmitting the model
and the quantized speech data to said speech rec-
ognition apparatus.

�[0009] According to another aspect, the present inven-
tion provides a speech recognition apparatus character-
ised by comprising: �

Speech recognition means for executing speech rec-
ognition processing of speech data transmitted from
a speech input terminal through a wire or wireless
communication network; and

means for receiving a model for environment adap-
tation for the speech recognition, the model being
created by the speech input terminal based on infor-
mation representing an operation environment
thereof,

wherein said speech recognition means is operable to
execute speech recognition processing on the basis of
the received model,�
said apparatus further comprising:�

means for creating a quantization table based on the
received model; and

means for transmitting the quantization table to said
speech input terminal.

�[0010] Corresponding speech communication meth-
ods are also provided.
�[0011] Other features and advantages of the present
invention will be apparent from the following description
taken in conjunction with the accompanying drawings, in
which like reference characters designate the same or
similar parts throughout the figures thereof.

BRIEF DESCRIPTION OF THE DRAWINGS

�[0012] The accompanying drawings, which are incor-
porated in and constitute a part of the specification, illus-
trate embodiments of the invention and, together with the
description, serve to explain the principles of the inven-
tion.�
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Fig. 1 is a block diagram showing the arrangement
of a speech communication system according to an
embodiment of the present invention; and
Fig. 2 is a flow chart showing the processing per-
formed by the speech communication system ac-
cording to the embodiment.

DETAILED DESCRIPTION OF THE PREFERRED EM-
BODIMENT

�[0013] Preferred embodiments of the present inven-
tion will now be described in detail in accordance with
the accompanying drawings.
�[0014] Fig. 1 is a block diagram showing the arrange-
ment of a speech communication system according to
an embodiment of the present invention.
�[0015] The speech communication system is com-
prised of a portable terminal 100 serving as a speech
input terminal, a main body 200 serving as a speech rec-
ognition apparatus, and a communication line 300 for
connecting these components to allow them to commu-
nicate with each other.
�[0016] The portable terminal 100 includes an input/ �out-
put unit 101 for inputting/�outputting speech, a communi-
cation control unit 102 for executing communication
processing with the main body 200, an acoustic process-
ing unit 103 for performing acoustic processing for the
input speech, an environment information creation unit
104 for creating information unique to the portable termi-
nal 100 or information indicating its operation state (to
be referred to as environment information hereinafter in
this embodiment), and a speech communication infor-
mation creation unit 105.
�[0017] The main body 200 includes an environment
adaptation unit 201 for performing processing based on
the environment information of the portable terminal 100,
a communication control unit 202 for executing commu-
nication processing with the portable terminal 100, a
speech recognition unit 203 for executing speech recog-
nition processing for speech data from the portable ter-
minal 100, a speech communication information creation
unit 204 for setting data conversion conditions for com-
munication, a speech recognition model holding unit 205,
and an application 206.
�[0018] The sequence of-�operation of the speech com-
munication system having the above arrangement will
be described next with reference to Fig. 2. Fig. 2 is a flow
chart showing the processing performed by the speech
communication system.
�[0019] The processing performed by the speech com-
munication system is constituted by an initialization mode
of analyzing environment information and a speech rec-
ognition mode of communicating speech data.
�[0020] In step S401, all processes are started. Infor-
mation for the start of processing is sent from the input/
output unit 101 to the communication control unit 202 of
the main body 200 through the communication control
unit 102.

�[0021] In step S402, a message is selectively sent from
the speech recognition unit 203 or application 206 to the
portable terminal 100. When, for example, supervised
speaker adaptation based on environment information is
to be performed, a list of contents to be read aloud by a
user is sent and output as a message (speech or char-
acters) from the input/ �output unit 101 of the portable ter-
minal 100. When microphone adaptation based on envi-
ronment information is to be performed, information for
prompting the utterance of speech for a few seconds may
be output as a message from the input/�output unit 101
of the portable terminal 100. On the other hand, when
noise adaptation based on environment information is to
be performed, step S402 may be skipped.
�[0022] In step S403, speech data (containing noise) is
entered from the input/�output unit 101 to create environ-
ment information in the portable terminal 100.
�[0023] In step S404, the acoustic processing unit 103
acoustically analyzes the entered speech data. If the en-
vironment information is to be converted into a model
(average, variance, or phonemic model), the information
is sent to the environment information creation unit 104.
Otherwise, the acoustic analysis result is sent from the
communication control unit 102 to the main body. Note
that the speech data may be directly sent without per-
forming any acoustic analysis to the main body to be
subjected to analysis and the like on the main body 200
side.
�[0024] When the environment information is converted
into a model in step S404, the flow advances to step S405
to cause the environment information creation unit 104
to create environment information. For the purpose of
noise adaptation, for example, environment information
is created by detecting a non-�speech interval and obtain-
ing the average and variance of parameters in the inter-
val. For the purpose of microphone adaptation, environ-
ment information is created by obtaining the average and
variance of parameters in a speech interval. For the pur-
pose of speaker adaptation, a phonemic model or the
like is created.
�[0025] In step S406, the created environment informa-
tion model, acoustic analysis result, or speech is sent
from the communication control unit 102 to the main body
200.
�[0026] In step S407, the main body 200 receives the
sent environment information through the communica-
tion control unit 202.
�[0027] In step S408, the environment adaptation unit
201 performs environment adaptation with respect to a
speech recognition model in the speech recognition mod-
el holding unit 205 on the basis of the environment infor-
mation to update the speech recognition model into an
environment adaptation speech recognition model. This
model is then held by the speech recognition model hold-
ing unit 205.
�[0028] As a method for environment adaptation, for ex-
ample, a PMC technique can be used, which creates an
environment adaptation speech recognition model from
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a noise model and speech recognition model. In the case
of microphone adaptation, for example, a CMS technique
can be used, which creates an environment adaptive
speech recognition model by using the average of
speech for adaptation and a speech recognition model.
�[0029] In the case of speaker adaptation, for example,
a method of creating a speaker adaptation model by us-
ing a speaker adaptation model and speech recognition
model can be used. If a speech or acoustic analysis result
is sent instead of an environment information model, a
method of converting environment information into a
model and further performing adaptation on the main
body 200 side can be used. Alternatively, a method of
performing environment adaptation by directly using a
speech or acoustic analysis result, EM learning tech-
nique, VFS speaker adaptation technique, or the like can
be used as an environment adaptation method. Creating
an environment adaptive speech recognition model can
improve recognition performance.
�[0030] Obviously, a speech recognition model may be
created on the portable terminal 100 side and sent to the
main body 200 to be used.
�[0031] In step S409, in order to improve the commu-
nication efficiency of speech recognition, the speech
communication information creation unit 204 performs
environment adaptation for a table for the creation of
communication speech information. A method of creating
a scalar quantization table of parameters of the respec-
tive dimensions which are used for speech recognition
by using the distribution of environment adaptive speech
recognition models will be described below. As this meth-
od, various methods can be used. The simplest method
is a method of searching 3σ of the respective dimensions
for the maximum and minimum values, and dividing the
interval therebetween into equal portions.
�[0032] The number of quantization points may be de-
creased by a method of merging all distributions into one
distribution, searching 3σ (e.g., a range in which most of
samples appearing in a Gauss distribution are included)
for the maximum and minimum values, and dividing the
interval therebetween into equal portions.
�[0033] As a more precise method, for example, a meth-
od of assigning quantization points in accordance with
the bias of all distributions may be used. In this method,
since a scalar quantization table of the respective dimen-
sions is created by using the distribution of environment
adaptive speech recognition models, the bit rate for com-
munication can be decreased without degrading the rec-
ognition performance, thus allowing efficient communi-
cation.
�[0034] In step S410, the created scalar quantization
table is transmitted to the portable terminal 100.
�[0035] In step 411, the created scalar quantization ta-
ble is received by the portable terminal 100 and stored
in the speech communication information creation unit
105.
�[0036] With the above operation, the initialization
mode is terminated. If a plurality of portable terminals

100 are present, the main body 200 can store data such
as environment information, speech recognition models,
and quantization tables in units of portable terminals.
�[0037] The flow then shifts to the speech recognition
mode.
�[0038] In step S412, speech is input through the input/
output unit 101.
�[0039] In step S413, the input speech data is acousti-
cally analyzed by the acoustic processing unit 103, and
the resultant data is sent to the speech communication
information creation unit 105.
�[0040] In step S414, the speech communication infor-
mation creation unit 105 performs scalar quantization of
the acoustic analysis result on the speech data by using
a scalar quantization table, and encodes the data as
speech communication information. The encoded
speech data is transmitted to the main body 200 through
the communication control unit 102.
�[0041] In step S415, the main body 200 causes the
speech recognition unit 203 to decode the received
speech data, execute speech recognition processing,
and output the recognition result. Obviously, in this
speech recognition processing, the previously created
speech recognition model is used.
�[0042] In step S416, the speech recognition result is
interpreted by the application 206 to obtain an application
corresponding to the result, and the application result is
sent to the communication control unit 202.
�[0043] In step S417, the application result is sent to
the portable terminal 100 through the communication
control unit 202 of the main body 200.
�[0044] In step S418, the portable terminal 100 receives
the application result through the communication control
unit 102.
�[0045] In step S419, the portable terminal 100 outputs
the application result from the input/ �output unit 101.
When speech recognition is to be continued, the flow
returns to step S412.
�[0046] In step S420, the communication is terminated.
�[0047] As described above, in the speech communi-
cation system of this embodiment, since speech recog-
nition is performed by using a speech recognition model
that adapts to the environment information of the portable
terminal 100, optimal speech recognition can be execut-
ed in correspondence with each portable terminal. In ad-
dition, since communication conditions are set on the ba-
sis of environment information, communication efficiency
can be improved in correspondence with each portable
terminal.
�[0048] In this embodiment, in the case of noise, the
average and variance of parameters in a noise interval
are obtained and sent to the main body to perform noise
adaptation of a speech recognition model by the PMC
technique. Obviously, however, another noise adapta-
tion method can be used.
�[0049] With regards to microphone characteristics, this
embodiment has exemplified the method of obtaining the
average and variance of parameters in a speech interval
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of a certain duration, sending them to the main body, and
performing microphone characteristic adaptation of a
speech recognition model by the CMS technique. Obvi-
ously, however, another microphone characteristic ad-
aptation method can be used.
�[0050] This embodiment has exemplified the speaker
adaptation method of creating a simple phonemic model
representing user’s speech features in advance, sending
it to the main body, and performing speaker adaptation
of a speech recognition model.
�[0051] In this embodiment, noise adaptation, micro-
phone adaptation, and speaker adaptation are described
independently. However, they can be properly combined
and used.
�[0052] In this embodiment, the initialization mode is to
be performed before the speech recognition mode. Once
the initialization mode is completed, however, speech
recognition can be resumed from the speech recognition
mode under the same environment. In this case, the pre-
vious environment information is stored on the portable
terminal 100 side, and environment information created
in resuming speech recognition is compared with the
stored information. If no change is detected, the corre-
sponding notification is sent to the main body 200, or the
main body 200 performs such determination on the basis
of the sent environment information, thus executing
speech recognition.
�[0053] In this embodiment, environment information is
used for both speech recognition processing and an im-
provement in speech efficiency. Obviously, however, on-
ly one of these operations may be executed by using the
environment information.
�[0054] Although the preferred embodiment of the
present invention has been described above, the objects
of the present invention are also achieved by supplying
a storage medium, which records a program code of a
software program that can realize the functions of the
above-�mentioned embodiments to the system or appa-
ratus, and reading out and executing the program code
stored in the storage medium by a computer (or a CPU
or MPU) of the system or apparatus. In this case, the
program code itself read out from the storage medium
realizes the functions of the above-�mentioned embodi-
ments, and the storage medium which stores the pro-
gram code constitutes the present invention. The func-
tions of the above-�mentioned embodiments may be re-
alized not only by executing the readout program code
by the computer but also by some or all of actual process-
ing operations executed by an OS (operating system)
running on the computer on the basis of an instruction of
the program code.
�[0055] Furthermore, the functions of the above-�men-
tioned embodiments may be realized by some or all of
actual processing operations executed by a CPU or the
like arranged in a function extension board or a function
extension unit, which is inserted in or connected to the
computer, after the program code read out from the stor-
age medium is written in a memory of the extension board

or unit.
�[0056] As many apparent widely different embodi-
ments of the present invention can be made without de-
parting from the scope thereof, it is to be understood that
the invention is not limited to the specific embodiments
thereof except as defined in the claims.

Claims

1. A speech input terminal (100) for transmitting speech
data to a speech recognition apparatus (200)
through a wire or wireless communication network
(300), comprising:�

speech receiving means (103) for receiving
speech data from speech input means (101);
creating means (104) for creating a model based
on information that represents an operation en-
vironment, the model being for environment ad-
aptation for speech recognition in said speech
recognition apparatus (200);
means (105) for quantizing the speech data us-
ing a quantization table received from said
speech recognition apparatus (200); and
communication means for transmitting the mod-
el and the quantized speech data to said speech
recognition apparatus (200).

2. A speech recognition apparatus (200) comprising:�

speech recognition means (203) for executing
speech recognition processing of speech data
transmitted from a speech input terminal (100)
through a wire or wireless communication net-
work (300); and
means (202) for receiving a model for environ-
ment adaptation for the speech recognition, the
model being created by the speech input termi-
nal (100) based on information representing an
operation environment thereof,

wherein said speech recognition means (203) is op-
erable to execute speech recognition processing on
the basis of the received model,�
said apparatus (200) further comprising: �

means (204) for creating a quantization table
based on the received model; and
means (202) for transmitting the quantization ta-
ble to said speech input terminal (100).

3. The apparatus according to claim 2, further compris-
ing means for storing a respective model for each of
a plurality of speech input terminals (100).

4. The apparatus according to claim 2, further compro-
mising means for storing a respective quantization
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table for each of a plurality of speech input terminals.

5. A speech communication method performed in a
speech input terminal (100) that is used to transmit
speech data to a speech recognition apparatus (200)
through a wire or wireless communication network,
the method comprising : �

receiving (S412) speech data from a speech in-
put means (101);
creating (S405) a model based on information
that represents an operation environment, the
model being for environment adaptation for
speech recognition in said speech recognition
apparatus (200);
quantizing (S414) the speech data using a quan-
tization table received from said speech recog-
nition apparatus (200); and
transmitting (S406, S414) the model and the
quantized speech data to said speech recogni-
tion apparatus (200).

6. A speech communication method performed in a
speech recognition apparatus (200) that executes
speech recognition processing for speech data
transmitted from a speech input terminal (100)
through a wire or wireless communication network
(300), the method comprising:�

receiving (S407) a model for environment adap-
tation for the speech recognition, the model be-
ing created by the speech input terminal (100)
based on information representing an operation
environment thereof;
creating (S409) a quantization table based on
the model ;
transmitting (S410) the quantization table to said
speech input terminal (100); and
executing (S415) speech recognition process-
ing on the basis of the received model.

7. A storage medium storing computer implementable
instructions for causing a programmable computer
device to perform the method of claims 5 or 6.

8. A computer implementable instructions product for
causing a programmable computer device to carry
out the method of claims 5 or 6.

Patentansprüche

1. Spracheingabeendgerät (100) zum Übertragen von
Sprachdaten zu einer Spracherkennungsvorrich-
tung (200) durch ein drahtgebundenes oder draht-
loses Kommunikationsnetzwerk (300), mit: �

einer Sprachempfangseinrichtung (103) zum

Empfangen von Sprachdaten von einer Sprach-
eingabeeinrichtung (101),
einer Erstellungseinrichtung (104) zum Erstel-
len eines Modells auf der Grundlage von Infor-
mationen, die eine Betriebsumgebung darstel-
len, wobei das Modell zur Umgebungsanpas-
sung zur Spracherkennung in der Spracherken-
nungsvorrichtung (200) dient,
einer Einrichtung (105) zum Quantisieren der
Sprachdaten unter Verwendung einer von der
Spracherkennungsvorrichtung (200) empfan-
genen Quantisierungstabelle, und
einer Kommunikationseinrichtung zum Übertra-
gen des Modells und der quantisierten Sprach-
daten zu der Spracherkennungsvorrichtung
(200).

2. Spracherkennungsvorrichtung (200) mit: �

einer Spracherkennungseinrichtung (203) zum
Ausführen einer Spracherkennungsverarbei-
tung von Sprachdaten, die von einem Sprach-
eingabeendgerät (100) durch ein drahtgebun-
denes oder drahtloses Kommunikationsnetz-
werk (300) übertragen sind, und
einer Einrichtung (202) zum Empfangen eines
Modells zur Umgebungsanpassung für die
Spracherkennung, wobei das Modell durch das
Spracheingabeendgerät (100) auf der Grundla-
ge von Informationen erstellt ist, die eine Be-
triebsumgebung dessen darstellen,

wobei die Spracherkennungseinrichtung (203) zum
Ausführen einer Spracherkennungsverarbeitung auf
der Grundlage des empfangenen Modells betreibbar
ist, �
die Vorrichtung (200) ferner mit:�

einer Einrichtung (204) zum Erstellen einer
Quantisierungstabelle auf der Grundlage des
empfangenen Modells, und
einer Einrichtung (202) zum Übertragen der
Quantisierungstabelle zu dem Spracheingabe-
endgerät (100).

3. Vorrichtung gemäß Anspruch 2, ferner mit einer Ein-
richtung zum Speichern eines jeweiligen Modells für
jedes von einer Vielzahl von Spracheingabeendge-
räten (100).

4. Vorrichtung gemäß Anspruch 2, ferner mit einer Ein-
richtung zum Speichern einer jeweiligen Quantisie-
rungstabelle für jedes von einer Vielzahl von Sprach-
eingabeendgeräten.

5. Sprachkommunikationsverfahren, das in einem
Spracheingabeendgerät (100) durchgeführt wird,
das zum Übertragen von Sprachdaten zu einer
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Spracherkennungsvorrichtung (200) durch ein
drahtgebundenes oder drahtloses Kommunikations-
netzwerk verwendet wird, wobei das Verfahren um-
fasst: �

Empfangen (S412) von Sprachdaten von einer
Spracheingabeeinrichtung (101),
Erstellen (S405) eines Modells auf der Grund-
lage von Informationen, die eine Betriebsumge-
bung darstellen, wobei das Modell zur Umge-
bungsanpassung zur Spracherkennung in der
Spracherkennungsvorrichtung (200) dient,
Quantisieren (S414) der Sprachdaten unter Ver-
wendung einer von der Spracherkennungsvor-
richtung (200) empfangenen Quantisierungsta-
belle, und
Übertragen (S406, S414) des Modells und der
quantisierten Sprachdaten zu der Spracherken-
nungsvorrichtung (200) .

6. Sprachkommunikationsverfahren, das in einer
Spracherkennungsvorrichtung (200) ausgeführt
wird, die eine Spracherkennungsverarbeitung für
Sprachdaten ausführt, die von einem Spracheinga-
beendgerät (100) durch ein drahtgebundenes oder
drahtloses Kommunikationsnetzwerk (300) übertra-
gen sind, wobei das Verfahren umfasst:�

Empfangen (S407) eines Modells zur Umge-
bungsanpassung für die Spracherkennung, wo-
bei das Modell durch das Spracheingabeend-
gerät (100) auf der Grundlage von Informatio-
nen erstellt ist, die eine Betriebsumgebung des-
sen darstellen,
Erstellen (S409) einer Quantisierungstabelle
auf der Grundlage des Modells,
Übertragen (S410) der Quantisierungstabelle
zu dem Spracheingabeendgerät (100), und
Ausführen (S415) einer Spracherkennungsver-
arbeitung auf der Grundlage des empfangenen
Modells.

7. Speichermedium, das computerimplementierbare
Anweisungen zum Veranlassen einer programmier-
baren Computereinrichtung zum Durchführen des
Verfahrens gemäß Anspruch 5 oder 6 speichert.

8. Computerimplementierbares Anweisungsprodukt
zum Veranlassen einer programmierbaren Compu-
tereinrichtung zum Ausführen des Verfahrens ge-
mäß Anspruch 5 oder 6.

Revendications

1. Terminal d’entrée de parole (100) pour transmettre
des données de parole à un appareil de reconnais-
sance de la parole (200) par l’intermédiaire d’un ré-

seau de communication câblé ou sans fil (300),
comprenant :�

un moyen de réception de parole (103) pour re-
cevoir des données de parole d’un moyen d’en-
trée de parole (101) ;
un moyen de création (104) pour créer un mo-
dèle sur la base d’informations qui représentent
un environnement de fonctionnement, le modè-
le étant destiné à adapter à l’environnement la
reconnaissance de la parole dans ledit appareil
de reconnaissance de la parole (200) ;
un moyen (105) pour quantifier les données de
parole en utilisant une table de quantification re-
çue dudit appareil de reconnaissance de la pa-
role (200) ; et
un moyen de communication pour transmettre
le modèle et les données de parole quantifiées
audit appareil de reconnaissance de la parole
(200).

2. Appareil de reconnaissance de la parole (200)
comprenant :�

un moyen de reconnaissance de la parole (203)
pour exécuter un traitement de reconnaissance
de la parole sur des données de parole trans-
mises par un terminal d’entrée de parole (100)
par l’intermédiaire d’un réseau de communica-
tion câblé ou sans fil (300) ; et
un moyen (202) pour recevoir un modèle pour
adapter à l’environnement la reconnaissance de
la parole, le modèle étant créé par le terminal
d’entrée de parole (100) sur la base d’informa-
tions représentant son environnement d’exploi-
tation,

dans lequel ledit moyen de reconnaissance de la
parole (203) peut être mis en fonctionnement pour
exécuter un traitement de reconnaissance de la pa-
role sur la base du modèle reçu, �
ledit appareil (200) comprenant en outre :�

un moyen (204) pour créer une table de quan-
tification sur la base du modèle reçu ; et
un moyen (202) pour transmettre la table de
quantification audit terminal d’entrée de parole
(100).

3. Appareil selon la revendication 2, comprenant en
outre un moyen pour stocker un modèle respectif
pour chacun d’une pluralité de terminaux d’entrée
de parole (100).

4. Appareil selon la revendication 2, comprenant en
outre un moyen pour stocker une table de quantifi-
cation respective pour chacun d’une pluralité de ter-
minaux d’entrée de parole.
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5. Procédé de communication de parole effectué dans
un terminal d’entrée de parole (100) qui est utilisé
pour transmettre des données de parole à un appa-
reil de reconnaissance de la parole (200) par l’inter-
médiaire d’un réseau de communication câblé ou
sans fil, le procédé comprenant :�

la réception (S412) de données de parole d’un
moyen d’entrée de parole (101) ;
la création (S405) d’un modèle sur la base d’in-
formations qui représentent un environnement
d’exploitation, le modèle étant destiné à adapter
à l’environnement la reconnaissance de la pa-
role dans ledit appareil de reconnaissance de la
parole (200) ;
la quantification (S414) des données de parole
en utilisant une table de quantification reçue du-
dit appareil de reconnaissance de la parole
(200) ; et
la transmission (S406, S414) du modèle et des
données de parole quantifiées audit appareil de
reconnaissance de la parole (200).

6. Procédé de communication de parole effectué dans
un appareil de reconnaissance de la parole (200) qui
exécute un traitement de reconnaissance de la pa-
role sur des données de parole transmises par un
terminal d’entrée de parole (100) par l’intermédiaire
d’un réseau de communication câblé ou sans fil
(300), le procédé comprenant : �

la réception (S407) d’un modèle destiné à adap-
ter à l’environnement la reconnaissance de la
parole, le modèle étant créé par le terminal d’en-
trée de parole (100) sur la base d’informations
représentant son environnement d’exploitation ;
la création (S409) de la table de quantification
sur la base du modèle ;
la transmission (S410) de la table de quantifica-
tion audit terminal d’entrée de parole (100) ; et
l’exécution (S415) du traitement de reconnais-
sance de la parole sur la base du modèle reçu.

7. Support de stockage stockant des instructions pou-
vant être mise en oeuvre sur ordinateur pour faire
en sorte qu’un dispositif informatique programmable
exécute le procédé de la revendication 5 ou 6.

8. Produit à base d’instructions exécutables par ordi-
nateur pour faire en sorte qu’un dispositif informati-
que programmable mette en oeuvre le procédé de
la revendication 5 ou 6.
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